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Abstract 
 
This document proposes The Pulcik; 
answer to the gnarl seeker’s call. It 
describes what the call is for and 
specifies The Pulcik including how it 
harnesses a dichotomy of linear 
systems, and explains its 
implementation. 
 
Problem Description 
 
Some musicians own or intend to own 
nice-sounding musical instruments, for 
example fretless Rickenbacker bass 
guitars. They might also have cause to 
play in a style befitting a sound that 
isn’t so nice. To clarify, they may want 
to do something with their nice-
sounding instrument to invoke 
attitudes of edginess or gnarliness. 
 
They may want their sound to become 
multi-timbral. Or more aggressive, 
more garage-punk, if for example they 
had to fight for the girl of their dreams 
in a bass battle. Vis-à-vis “Scott 
Pilgrim vs. The World” (Eddybear 
2010; Wright 2010). And they may 
want it for use in the studio or for live 
performance. 
 
Classic systems exist for transcending 
gnarly sounds from nice ones 
(conventional electric musical 
instruments). These might include 
direct injection boxes, preamplifiers, 
power amplifiers, speaker cabinets, 
etc. Non-linear systems. 
 
Signals are transformed by non-linear 
systems. In linear (and time-invariant) 
systems they are not, although there 
may be changes in magnitude and 
phase. 
 
Nowadays such classic systems can 
pose problems however. They can be 
cumbersome, require regular 
maintenance and component 
replacement. And vintage items tend to 
appreciate in market value becoming 
unaffordable for lower income buyers. 
 
Also generally if a classic system is 
still in production it is seldom made to 
its original specifications. Or else it 
has been long since discontinued and 
classic systems are typically coveted as 
original. 
 
Thankfully, linear systems can be 
encoded to act upon signals as certain 
non-linear systems would by the power 
of digital signal processing (DSP). And 
the algorithms, which underlie linear 
systems, can be implemented in 
devices, e.g. stompboxes (Mendoza 
2013; ed. Zölzer 2011) for end users to 
interface with. This can provide 
options for gnarl seeking buyers of 
economical and ergonomic constraints. 
 
One classic component of such 
systems attributable to their non-
linearities is the vacuum tube. Vacuum 
tubes are the basis of the amplifier 
stage in Pulse Technologies’ definitive 
Pultec EQP-1A (aka “The Pultec”). 
The Pultec and the notion of its digital 
emulation was the impetus for earlier 
precursors of The Pulcik. 
 
Note the play-on-words comprising 
“Pul” as in Pultec, and “Cicc” 
(pronounced “chick” and spelt cik) as 
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in the author’s family name Ciccarello. 
One of several mnemonic devices 
presented in this document re product 
marketing. 
 
Specification 
 
The Pultec EQP-1A is essentially a 
tube driven analog equaliser. It accepts 
single-channel input signals and can 
apply low-frequency shelving, peak, 
and high-frequency shelving 
equalisation (EQ), in conjunction with 
tube amplification, which delivers on 
gain. 
 
The distinctive non-linear effect of 
tube amplification is a type of 
distortion definable as symmetrical 
soft clipping. 
 
In DAFX 2nd edn (ed. Zölzer 2011, pp. 
124-125) symmetrical soft clipping is 
classified as overdrive, the first of 
three distortion types. The other two 
types are distortion and fuzz. And 
whilst each has a different transfer 
function characteristic, classifying 
them is partly to do with the level of 
input signal supplied to the system. 
Which denotes classification order. 
 
The input to output relation of a 
symmetrical soft clipping function can 
be regarded in three regions. For which 
output values vary dependant upon 
input values (ready converted to 
absolute values). 
If an input value is between0 and
1
3 ≈ 0.33 the relative output value is 
derived by a region of linear operation, 
where f (x) = 2x for0 ≤ x ≤ 13 . 
 
If an input value is between
1
3 and
2
3 ≈ 0.67 the relative output value will 
incur soft compression in a region of 
non-linear operation, where
f (x) = 3− 2 − 3x( )
2
3 for
1
3 ≤ x ≤
2
3 . 
 
If an input value is greater than or 
equal to
2
3 the relative output value will 
be equal to1 in a region of clipping, 
where f (x) = 1  as defined for 23 ≤ x ≤1 . 
Figure 1 shows the transfer function 
curve labelled for its regions of 
operation. 
 
The Pulcik uses symmetrical soft 
clipping but in an arguably punk way. 
It enables the driving of an input signal 
harder than is typical (input signal 
level) for a soft clipping component. 
Then the behaviour of an output signal 
may approach being characteristic of 
distortion (classification) type effects. 
 
This is achieved by scaling the input 
signal prior to clipping in the chain and 
is simply a matter of its multiplication 
by some constant. At the very least 
linear operation must be found for any 
given input, otherwise for an input of 0
there would be no output, for example.  
 
 
 
 
Figure 1  Symmetrical soft clipping curve 
[Schetzen (as cited by Martens)] 
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Because linear operation occurs for 
inputs between0 and 13 , the constant  
( g ) is defined as equal to the sum of a 
user-definable value dubbed “Amount 
of Clipping” ( A ) and 13 , ( g = A +
1
3 ). 
 
Although the harder clipping effect 
will prevail regardless, the processed 
signal post-clipping must be recovered 
into a usable range. Thus it is 
multiplied by the inverse of g , ( g−1 ). 
 
Note: the relation of gwith g−1( ) is 
indicated by dashed lines adjoined 
with blue-filled boxes in this document 
(block diagrams). 
 
The Pulcik also offers low-frequency 
(LF) shelving, peak, and high-
frequency (HF) shelving EQ. The 
algorithms for which follow a first-
order design re shelving EQ, and a 
second-order design re peak EQ  (ed. 
Zölzer 2011, pp. 62-65). 
 
For use in MATLAB the shelving 
algorithm was modified to define the 
normalised cut-off frequency by the 
calling of its function:
Wc =
2 cut-off frequency( )
fs
, whereWc is 
the normalised cut-off frequency, and
fs is the sampling frequency. So an end 
user need only define the cut-off 
frequency (MATLAB or hardware 
implementation). WhereasWc was 
formerly user-definable. 
 
This was also done for the peak 
algorithm, whereWc is the normalised 
centre-frequency. Furthermore it was 
modified to define bandwidth by the 
calling of its function, fb =
fc
Q , where
fb is bandwidth, fc is centre frequency, 
andQ is the Q factor. Now rather than 
defining bandwidth an end user would 
define Q: a ratio of constant 
proportionality for any centre-
frequency of a signal’s frequency 
spectrum. 
 
 
 
 
 
Figure 2  The fundamental frequency ranges of various musical instruments 
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Implementation 
 
The Pulcik thrives in pitting bandpass 
filtered, and or clipped mults 
(conceptualisation only), of an input 
signal against one another in special 
combinations. 
 
In linear systems when two input 
signals are separately distorted and 
then summed, the resultant (output) 
signal is different to when the same 
two signals are summed and then that 
sum is distorted. 
 
The Pulcik exploits this dichotomy, 
presented in two modes dubbed “Two-
headed dog” and “Chimera”. “Two-
headed dog” mode sums separately 
distorted signals. It tends to be edgier 
whereas “Chimera” mode collectively 
distorts summed signals and tends to 
be more multi-timbral.  
 
This is achieved by treating an input 
signal as though it has been split, i.e. 
mults (as in a parallel circuit), prior to 
summing. In this way a single-channel 
input signal can be processed to obtain 
different signals via EQ and or 
distortion. 
 
It is recommended that EQ parameters 
be set to act as bandpass filters of 
narrow bandwidth (high Q). Certain 
characteristic aspects in the frequency 
content of an input signal may then be 
honed. The frequency range of an 
input signal source could be first 
consulted as a guide. 
 
Figure 2 shows the frequency ranges of 
various musical instruments but 
regarding fundamental frequencies 
only [Pierce, 1983 (as cited in Long 
2006, p. 41)]. Moreover, honing 
certain harmonics may sometimes 
offer more interesting results than 
fundamental frequency information. 
 
EQ is optional in all cases. And 
parameter settings may be set however 
an end user pleases. Post-EQ, signal 
mults are normalised to restrict signal 
values to a maximum of ±1 .  
 
Figure 3 shows the signal flow of 
“Two-headed dog” mode in a block 
diagram. The input signal mults flow 
through LF shelving, peak, and HF 
shelving EQ prior to normalisation. 
Then an “Amount of Clipping” can be 
defined for each mult before clipping 
and gain reduction are applied. The 
resultant signals are summed and then 
that sum is normalised. 
 
 
 
 
Figure 3  “Two-headed dog” mode signal flow 
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The recommended range of values ( A ) 
is between0 and11determined via 
listening tests in MATLAB by use of 
different input signals. There comes a 
point where too much compression 
(ratio) affects a signal at the expense of 
its apparent size. Lesser compression 
leaves a signal sounding bigger but not 
as controlled (Stavrou 2003, p. 124).
11was designated the approximate 
amount beyond which compression 
(clipping) is generally too much. 
 
The primary cause for soft 
symmetrical clipping in The Pulcik is 
to forge new signals from an input 
signal in order to combine them.  
 
Although dynamic control might be a 
secondary benefit of applied distortion 
here bigger sounds were deemed 
favourable ( A ≤11 ). Also regarding 
hardware implementation, if Awere a 
toggle control0 to11would have 12 
increments. Other mnemonic devices:  
 
 
the 12 gods of Olympus; in keeping 
with a Greek mythology theme (modes 
of The Pulcik, i.e. “Chimera”). 
 
Figure 4 shows the signal flow of 
“Chimera” mode in a block diagram. 
To clarify, this mode is an adaption of 
the case in linear systems where two 
signals are summed; that sum 
distorted. But in either case the signals 
must be different by definition. 
 
Linear EQ can alter the frequency 
response of a signal, i.e. band-pass 
filtering as recommended, but a non-
linear-system is required to transform 
it. Treating an input signal as though it 
has been split creates an opportunity 
for different signals via clipping. 
 
 
 
 
 
 
 
 
Figure 4  “Chimera” mode signal flow 
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The A setting of at least one mult 
should be enough to drive its input 
signal into a region of non-linear 
operation, designate mult two (purple). 
Therefore the constant g is amended 
such that g = (A)+ 13 but for0 < A ≤11
because ifA = 0 transfer (input to 
output) will still be linear. 
 
Signal flow for “Chimera” mode is the 
same pre-summing as in “Two-headed 
dog” mode except that one mult has no 
clipping. The resultant sum is also 
normalised but then an “Amount of 
Clipping” (post-summing) can be 
defined for each mult. Clipping, gain 
reduction, and normalisation are then 
applied. 
 
Evaluation 
 
“A_downgliss.wav” was among 
several input signals used in 
developing The Pulcik and evaluating 
its performance. The WAV file is 
included with this document along 
with MATLAB scripts and functions 
for both modes. 
 
The Pulcik has many input signal 
potentials, which include drum kit 
mixes and vocals. Inspirations could be 
“This Place Is A Prison” by The Postal 
Service (2003), and “The Wasteland” 
by Chelsea Wolfe (2011) respectively, 
for example. 
 
End users for their own assessment of 
The Pulcik could apply the following 
evaluation method. 
 
“A_downgliss.wav” is a recorded A-
note played as a downward gliss 
(technique) on a fretless Rickenbacker 
bass guitar. EQ parameters were set for 
use as narrow band-pass filters. The 
peak function was regarded first and 
centre-frequencies were defined. 
 
As Q approaches 0 bandwidth becomes 
broader until it is undefined and there 
can be no transitions either side of fc . 
Therefore higher Q values were set 
upon, e.g.5 and10 for fc = 200Hz and
fc = 1000Hz , mults one and two 
respectively. 
 
Transitions also depend upon peak EQ 
gain (Gp ) boost or attenuation,+ ve or
− ve integers (dB ) respectively, where
Gp ≠ 0 . To affect use as band-pass 
filters the recommended gain range is
20 to 50 generally. 
 
LF and HF shelving gain values were 
set to introduce near stopbands but first 
the cut-off frequencies were defined. 
Since fb =
fc
Q , the given values of fc
andQwere simply substituted into the 
equation for fb . 
 
The cut-off frequencies (LF and HF) 
were then set for
fb
2 either side of fc for 
LF and HF shelving respectively, e.g.
fb =
200
5 = 40 , then
fb
2 = 20 so
cut − offLF = 200 − 20 = 180Hz and
cut − offHF = 200 + 20 = 220Hz . 
 
	  
Figure 5  Mult one frequency and phase 
response 
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Unit impulses were used as input 
signals to the EQ only in each mult 
(pre-normalisation) with parameters 
kept as in the MATLAB 
demonstration. Figures 5 and 6 show 
their normalised frequency and phase 
responses, note the differences 
between them. 
 
	  
Figure 6  Mult two frequency and phase 
response 
“A_downgliss.wav” would only have 
yielded signal specific plots and 
generic responses were required. Sine 
waves wouldn’t do as they are 
restricted to singular frequencies, and 
noise was not found to be illustrative. 
 
Figures 7, 8 and 9 show the magnitude 
responses of “A_downgliss.wav” 
(input signal) and the resultants of 
“Two-headed dog” and “Chimera” 
modes respectively. All settings were 
as used in the MATLAB 
demonstration. 
 
For use of the MATLAB 
demonstration move the script and 
function files (.m format), and 
“A_downgliss.wav” into a designated 
folder. 
 
Open the script of either mode, select 
all and evaluate or run. Follow the 
comments in green and regard those in 
CAPS to redefine variables, i.e. input 
signal and parameters. An input signal 
must be of a supported file format 
(amended to the designated folder). 
 
When the script of either mode is run 
or evaluated the resultant signal will be 
written as a WAV file and appear in 
the current folder. Also magnitude 
responses will be plotted for the input 
and resultant signals and open for 
inspection, which may be saved. 
 
The script “A_B.m” is for comparing 
between mode resultant signals.	  
 
	  
Figure 8  “Two-headed dog” mode 
magnitude response 
	  
Figure 9  “Chimera” mode magnitude 
response 
Figure 7  “A_downgliss.wav” magnitude 
response 
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